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SPECIFICATION 

Methods of and apparatus for coding digital 
data 

5 

This invention relates to methods of and 
apparatus for coding digital data, and to appa- 
ratus for decoding digital data. The invention 
is more particularly, but not exclusively, con- 
10 cerned with the coding of channel status infor- 
mation data and user information data in the 
serial transmission of audio data. 

Referring to Fig. 1 of the accompanying 
drawings, in the AES/EBU (Audio Engineering 
1 5 Society/European Broadcasting Union) format 
for the serial transmission of audio data, the 
audio signal to be transmitted is sampled at 
48 kHz and is coded into 32-bit audio data 
words," each of which in fact consists of a 4- 
20 bit synchronising signal, four auxiliary bits, 
twenty audio data bits, and a further group of 
four bits consisting of a validity bit, a user bit, 
a channel status information bit and a parity 
bit. The bits are recorded according to the bi- 
25 phase mark rule, except for the 4-bit syn- 
chronizing signals, which violate the rule and 
are so recognizable on decoding. The 4-bit 
synchronizing signal enable the 32-bit audio 
data words to be identified and correctly 
30 framed on reception. The channel status infor- 
mation bits from 192 successive 32-bit audio 
data words form a 192-bit channel status in- 
formation word. Likewise, the user bits from 
an aligned 192 successive 32-bit audio data 
35 words form a 192-bit user word. The channel 
status information words and the user words 
are correctly framed on reception by making 
the 4-brt synchronizing signal in the 32-bit au- 
dio data words containing the first bit of each 
40 channel status information word and user 
word different from the 191 succeeding 4-bit 
synchronizing signals. 

Briefly, the channel status information may 
relate to audio attributes, programme attri- 
45 butes and transmission attributes. The user 
words are usable at the option of a user to 
convey such information as the user may 
wish. 

It will be appreciated that in the above-de- 
50 scribed format, the channel status information 
words are rigidly fixed within the overall block 
structure. In some ways this is advantageous, 
because so long as the incoming signal for 
decoding is correctly received, the channel 
55 status information words can be reliably ex- 
tracted and decoded according to fixed rules 
determining the position <and significance of 
bits within the channel information status 
words. However, the incoming signal for de- 
60 coding is not always correctly received 

Fig. 2 of the accompanying drawings shows 
a very simplified example of this. At the top 
is shown an analog audio signal which is con- 
tinuous throughout, and which has been sub- 
65 jected to digital coding according to the for- 



mat described above. Below is shown the ba- 
sic structure of the resulting digital signal, 
each rectangle representing a block of 192 of 
the 32-bit audio data words including a single 
70 channel status information word. Any one of a 
number of faults, such as a transmission fault 
or a drop-out can cause a jump in the block- 
ing, that is, a discontinuity in the block struc- 
ture, whereupon the reliability of the channel 
75 status information is destroyed until the block 
structure has been recovered. 

Likewise, the channel status information will 
be lost or corrupted in a number of quite nor- 
mal circumstances, such as where there is a 
80 change in the frequency at which the audio 
signal is sampled, where there is a cross-fade 
between two audio signals, where there is 
mixing of two audio signals, or generally 
where there is editing of the audio signal, or 
85 even where there is a change in the speed at 
which the audio data is reproduced. 

The problems which are referred to above 
and which may arise in connection with the 
channel status information words may similarly 
90 arise with the user words. Moreover, the pro- 
posal contained herein for alleviating these 
problems in respect of the channel status in- 
formation words can likewise be used for the 
user words, although for convenience it is the 
95 channel status information words which will 
be mainly referred to in what follows. 

According to the present invention there is 
provided a method of coding digital data into 
a format of fixed-length multi-bit data words, 
100 at least one bit in the same predetermined bit 
position in each said data word being a spe- 
cific information data bit, wherein a plurality of 
said specific information data bits from an 
equal plurality of successive said data words 
105 respectively form a specific information word, 
each said specific information word contains a 
synchronizing signal, and the length of said 
specific information words is variable. 
According to the present invention there is 
110 also provided apparatus for coding digital data 
into a format of fixed-length multi-bit data 
words, at least one bit in the same predeter- 
mined bit position in each said data word be- 
ing a specific information data bit, the appara- 
115 tus comprising means to insert a plurality of 
said specific information data bits into an 
equal plurality of successive said data words 
respectively to form a specific information 
word, each said specific information word 
120 containing a synchronizing signal, and the 

length of said specific information words being 
variable. 

The invention will now be described by way 
of example with reference to the accompany- 
125 ing drawings, in which: 

Figure 1 shows diagrammatically the basic 
AES/EBU format for serial transmission of di- 
gital audio data; 
Figure 2 shows diagrammatically an acciden- 
130 tal block jump in an incoming signal for de- 
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coding; 

Figure 3 shows diagrammatically a normal 
length channel status information word; 
Figure 4 shows diagrammatically a minimum 
5 length channel status information word; 

Figure 5 shows diagrammatically a maximum 
length channel status information word; 

Figure 6 shows diagrammatically the effect 
on the format of channel status information 
10 words of a change in the audio sampling rate; 
Figure 7 shows in block form an embodi- 
ment of apparatus for coding digital data, and 
according to the present invention; and 
Figure 8 shows in block form an embodi- 
1 5 ment of apparatus for decoding digital data, 
and according to the present invention. 

The invention will be described in relation to 
channel status information data in the AE- 
S/EBU format for serial transmission of digital 
20 audio data, but it will be understood that the 
invention can equally be applied to the user 
data in this format and to other forms of spe- 
cific information data in other data formats. 
Consideration of the problems referred to 
25 above leads us to realize that they can basi- 
cally be traced to the fixed assignment of bits 
in the channel status information word; to the 
linking of the channel status information words 
to a block structure, which block structure it 
30 might be noted has no particular relevance to 
an audio signal, whereas it has, for example, 
to a video signal; and the relating of the chan- 
nel status information data to the sampling 
rate of the audio signal. 
35 Briefly, embodiments of the present inven- 
tion alleviate the above problems by adopting 
a free-format for the channel status informa- 
tion data. That is to say, the channel status 
information data is given its own synchroniza- 
40 tion structure and some variablity in the num- 
ber of bits in each channel status information 
word. 

The invention will now be described in more 
detail with reference first to Figs. 3 to 5. Fig. 

45 3 shows diagrammatically one channel status 
information word in a normal operating condi- 
tion at an audio sampling rate of 48 kHz. In 
the format referred to above, the repetition 
rate of the 192 bit channel status information 

50 words is 250 Hz and in the present free-for- 
mat this frequency is raised to 750 Hz by 
reducing the normal length of each channel 
status information word to 64 bits. Each 
channel status information word consists of a 

55 9-bit synchronizing signal, having an unvarying 
bit pattern which may, for example, be 
001100101; an 8-bit identification (ID) code; a 
32-bit data field; and 8-bit error check code 
such as a cyclic redundancy check (CRC) 

60 code; and in the present case seven justifica- 
tion bits. The 8-bit ID code and the 32-bit 
data field together make up one channel sta- 
tus label which contains the variable channel 
status information. The 8-bit error check code 

65 provides a check on the channel status label 



bits. As stated, the number of justification bits 
is seven in normal operation at an audio 
sampling rate of 48 kHz, but is variable in the 
range seven plus or minus seven, that is from 
70 zero to fourteen, so enabling the refresh rate 
of the channel status labels to remain un- 
changed at 750 Hz, even if the audio sampling 
rate changes. The actual number of bits in a 
channel status information word may therefore 
75 vary within the range 64 plus or minus seven, 
that is from 57 to 71 inclusive. The justifica- 
tion bits are all "0 # \ 

Fig. 4 shows a channel status information 
word of minimum length, that is of 57 bits. 
80 The format is the same as that of the normal 
length channel status word shown in Fig. 3, 
except that in the minimum length word, there 
are no justification bits. 

A channel status information word of less 
85 than the normal 64-bit length is used where 
the audio sampling rate is decreased from 48 
kHz, and reduction of the word length to 57 
bits will accommodate a decrease in the audio 
sampling rate to some 89.06% of 48 kHz. To 
90 give a specific example, for operation two 
semi-tones down from 48 kHz, that is at 
42.763 kHz, the channel status information 
word length will be 57 or 58 bits. It should 
be noted that operation at a specific audio 
95 sampling rate, while maintaining the refresh 
rate of the channel status labels constant^at 
750 Hz, may involve a non-integral number of 
bits in the channel status information words. 
To accommodate this, words alternating as 
100 necessary between two adjacent bit lengths 
are used. This presents no problems at the 
decoder, because the incoming channel status 
information data is framed into the correct 
words by reference to the synchronizing sig- 
105 nals contained in those words. 

Fig. 5 shows a channel status information 
word of maximum length, that is of 71 bits. 
The format is the same as that of the normal 
length channel status information word shown 
110 in Fig. 3, except that in the maximum length 
word there are fourteen justification bits. 

A channel status word of more than the 
normal 64-bit length is used where the audio 
sampling rate is increased from 48 kHz, and 
115 increase of the word length to 7 1 bits will 

accommodate an increase in the audio sampl- 
ing rate to some 1 10.9496 of 48 kHz. 

Fig. 6 shows diagrammatically a transition 
from a higher bit rate to a lower bit rate in 
120 the digital audio data signal, such as might be 
caused by transition from a relatively high au- 
dio sampling rate to a lower audio sampling 
rate. It is particularly to be noted that the 
change does not affect the 9-bit synchronizing 
125 signal, the 8-bit ID code, the 32-bit data field 
or the 8-bit error check code in each channel 
status information word. In particular, the re- 
fresh rate of the channel status labels remains 
constant at 750 Hz. The only change in the 
130 channel status information words is in the 
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number of justification bits contained in each 
word. . 

It will be appreciated that the free-format for 
the channel status information words as de- 
5 scribed above permits realization of at least 
some of the following advantages: 
1. The basic parameters remain centred on 
operation at the standard professional au- 
dio sample rate of 48 kHz. 
10 2. Fast recovery from single discontinuities in 
the sequence of channel status bits is 
possible. In other words, the free-format 
is able to recover very quickly from jumps 
in blocking, for example in error, cross- 
15 fading, mixing or editing conditions as 
mentioned above. 

3. The channel status information data is 
freed from the concept of fixed blocks. 

4. The channel status information data rate 
20 can remain constant over a range of oper- 
ating audio sampling rates. In the particu- 
lar example given above, the channel sta- 
tus label refresh rate can be maintained 
constant at 750 Hz over a range of audio 

25 sampling rates from at least plus ten to at 
least minus ten percent relative to 48 kHz. 

5. The basic format of the channel status 
information data is independent of ihe au- 
dio sampling rate. 

30 6. The range of audio frequency sampling 

rates which can be accommodated easily 
covers a particular conversion which is 
commonly necessary, which is between 
48 kHz and 44.1 kHz. 
35 The extent to which these advantages are 
achieved is of course dependent on the pre- 
cise selection of the parameters of the chan- 
nel status information data, within the general 
confines of the concept of free-formatting de- 
40 scribed above. 

It will be understood that the same tech- 
nique can be applied to the user data. That is 
say, the user data can be free-formatted into 
user words of variable length, each including a 
45 synchronising signal in the form of a fixed 
pattern, and code, data and error check code 
bits as required, and a variable number of jus- 
tification bits. There is no need for the user 
words to use the same format as the channel 
50 status information words, or for the user 
words and the channel status information 
words to be synchronized in the audio data 
format, as they are independently derived at a 
decoder from the incoming audio data stream 
55 by reference to their respective synchronizing 
signals. 

A coder for inserting the channel status in- 
formation words and the user words into an 
audio data stream will now be described with 

60 reference to Fig. 7, which shows the coder in 
diagrammatic block form. The audio data 
stream in the form of serial 32-bit words (as 
shown in Fig. 1) with gaps in the last three 
bit positions where the user bit, the channel 

65. status information bit and the parity bit, re- 



spectively, are to be inserted, is supplied by 
way of an input terminal 1 to the data input 
of a multiplexer 2. A clock pulse signal of 
frequency 1 .536 MHz is supplied by way of 
70 an input terminal 3 to the clock input of the 
multiplexer^, and also to the input of a di- 
vider 4 which divides by 32, and can be reset 
by a frame reset pulse supplied to a terminal 
5. The divider 4 supplies a 48 kHz clock 
75 pulse signal to a divider 6 which divides by 
64 (with an optional reset), and to the clock 
input of a channel status multiplexer and coder. 
7. The divider 4 also supplies a channel status 
enable pulse and a user enable pulse to the 
80 multiplexer 2, aligned with the 30th and 31st 
bit positions in the 32-bit audio data words, 
and a frame sync enable to a bi-phase mark 
encoder 8. 

The coder also includes a user block multi- 
85 plexer and coder 9 which also receives the 48 
kHz clock pulse signal from the divider 4. The 
divider 6 supplies a word start signal to both 
the channel status multiplexer and coder 7 
and to the user block multiplexer and coder 9. 
90 Channel status data as required is supplied by 
way of a data input 10 to the channel status 
multiplexer and coder 7, which may comprise 
a microcomputer. Likewise, user data is sup^ 
plied by way of a data input 1 1 to the user 
95 block multiplexer and coder 9, which may also 
be a microcomputer. The channel status multi- 
plexer and coder 7 supplies the channel status 
information bit to the multiplexer 2, while the 
user block multiplexer and coder 9 supplies 
100 the user bit to the multiplexer 2. The multi- 
plexer 2 is operative to insert the channel sta- 
tus information bit and the user bit in the 
30th and 31st positions respectively in each 
32-bit audio data word. The multiplexer 2 
105 supplies the thus-modified data stream and 
the incoming clock pulse signal to data and 
clock inputs respectively of a parity bit coder 
12, which adds the necessary parity bit in the 
32nd bit position of each 32-bit audio data 
1 10 word. The parity bit coder. 12 then supplies 
the complete audio data stream and the in- 
coming clock pulse signal to data and clock 
inputs respectively of the bi-phase mark coder 
8, which supplies the outgoing audio data 
1 15 stream to an output terminal 13 at a fre- 
quency of 3.072 Mb/sec. 

Fig. 7 shows in block diagrammatic form a 
decoder for decoding channel status informa- 
tion data and user data from the audio data 
120 stream produced by the coder of Fig. 7, after 
transmission or recording and reproduction. 
The incoming data stream at 3.072 Mb/sec is 
supplied by way of an input terminal 20 to a 
bi-phase mark decoder 2 1 which decodes the 
125 bi-phase mark signals and recovers the clock 
pulse signal of frequency 1.536 MHz. which is 
supplied to a divider 22 which divides by 32. 
The bi-phase mark decoder 21 also recognizes 
the 4-bit synchronizing signals in each 32-bit 
130 audio data word, due to the fact that these 
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synchronizing signals violate the bi-phase mark 
rules, and hence derives a frame sync pulse 
which is supplied to the divider 22 to reset it. 
A first output of the divider 22 is supplied to 
5 a channel status information bit register 23 
and to a channel status block decoder 24 as 
a clock pulse signal, and another output of the 
divider 32 is supplied to a user bit register 25 
and to a user block decoder 26 as a clock 

10 pulse signal. 

The bi-phase mark decoder 21 supplies the 
audio data stream and the recovered clock 
signal to data and clock inputs respectively of 
. a parity bit check device 27, which supplies 

15 the output audio data to an output terminal 
28, and the recovered clock pulse signal to an 
output terminal 29. 

The signals from the divider 22 respectively 
strobe the registers 23 .and 25 to recover the 

20 channel status information bits and the user 
bits respectively for supply to the channel sta- 
tus block decoder 24 and the user block de- 
coder's, respectively. The channel status 
block decoder 24 identifies the respective 

25 channel status information words by reference 
to the sychronizing signals which they contain, 
derives the required channel status informa- 
tion, and supplies it to a data output 30, to- 
gether with a strobe signal at 750 Hz which is 

30 supplied to an output terminal 31, and a clock 
signal which is supplied to an output terminal 
32. 

The user block decoder 26 identifies the re- 
spective user words by reference to the syn- 

35 chronizing signals which they contain, derives 
the required user information, and supplies it a 
data output 33, together with a strobe signal 
at 750 Hz which is supplied to an output ter- 
minal 34, and a clock signal which is supplied 

40 to an output terminal 35. 

Various modifications are of course possible 
without departing from the invention as de- 
fined by the appended claims. In particular, 
the use of free-formatting of certain categories 

45 of specific information words within a larger 
overall format is not restricted to the case of 
channel status information words and user 
words in an audio data format. Nor is the 
number of bits in such a specific information 

50 word restricted to the numbers given by way 
of example in the above description, and nor 
is the range in the number of justification bits 
limited to the example given above. 

55 CLAIMS 

1. A method of coding digital data into a 
format of fixed-length multi-bit data words, at 
least one bit in the same predetermined bit 
position in each said data word being a spe- 

60 cific information data bit, wherein a plurality of 
said specific information data bits from an 
equal plurality of successive said data words 
respectively form a specific information word, 
each said specific information word contains a 

65 synchronizing signal, and the length of said 



specific information words is variable. 

2. A method according to claim 1 wherein 
the lengths of said specific information words 
are varied by including different numbers of 

70 justification bit? from zero upwards. 

3. A method according to claim 2 wherein 
said justification bit or bits (if any) is "0'\ 

4. A method according to claim 2 or claim 
3 wherein said syrichronzing signal is placed 

75 at the beginning of each said specific informa- 
tion word, and said justification bit or bits (if 
any) is placed at the end of said specific infor- 
mation word. 

5. A method according to any one of the 
80 preceding claims wherein the bit rate of said 

data words is variable. 

6. A method according to claim 6 wherein 
the refresh rate of a specific information por- 
tion of said specific information words re- 

85 mains constant. 

7. A method according to any one of the 
preceding claims wherein said digital data is 
audio data. 

8. A method according to claim 7 wherein 
90 said specific information data in one said pre- 
determined bit position in each said data word 
is channel status information data. 

9. A method according to claim 8 wherein 
the specific information data in another said 

95 predetermined bit position in each said data 
word is user information data. 

10. A method according to any one of the 
preceding claims wherein said format is an 
AES/EBU format for serial transmission of di- 

100 gitai audio data at a nominal audio sampling 
rate of 48 kHz. 

1 1 . Apparatus for coding digital data into a 
format of fixed-length multi-bit data words, at 
least one bit in the same predetermined bit 

105 position in each said data word being a spe- 
cific information data bit, the apparatus com- 
prising means to insert a plurality of said spe- 
cific information data bits into an equal plural- 
ity of successive said data words respectively 

110 to form a specific information word, each said 
specific information word containing a sy- 
chronizing signal, and the length of said spe- 
cific information words being variable. 

12. Apparatus for decoding digital data 
115 coded by apparatus according to claim 11, 

the apparatus comprising means to extract 
each said specific information data bit from 
said digital data, and to identify said specific 
information words by reference to said syn- 
120 chronizing signals. 

13. A method of coding digital data, the 
method being substantially as hereinbefore de- 
scribed with reference to the accompanying 
drawings. 

125 14. Apparatus for coding digital data, the 
apparatus being substantially as hereinbefore 
described with reference to Fig. 7 of the ac- 
companying drawings. 

15. Apparatus for decoding digital data, 

130 the apparatus being substantially as hereinbe- 



5 



GB2 187364A 5 



fore described with reference to Fig. 8 of the 
accompanying drawings. 
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